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(54) Speech decoding apparatus 

(57) In a speech decoding apparatus, a conversion 
unit converts a received encoded signal into a parame- 
ter in units of frames. A memory repeatedly updates and 
stores the parameter representing a pause state and 
output from the conversion unit for the pause interval of 
the speech signal. A synthesis fitter coefficient genera- 
tion unit generates a synthesis filter coefficient on the 
basis of the parameter read out from the memory. A 
smoothed filter coefficient generation unit generates a 
smoothed filter coefficient on the t^is of the synthesis 
filter coefficient output from the synthesis filter coeffi- 
cient generation unit. The smoothed filter coefficient 



generation unit generates the smoothed filter coefficient 
which is smoothed such that the synthesis filter coeffi- 
cient changes in accordance with a count value of the 
frames during the predetermined period. A background 
ndse generation unit generates background noise on 
the basis of the parameter read out from the memory for 
the pause interval of tfie speech signal. A smoothing fil- 
ter performs filtering processing of the background 
noise output from the background noise generation unit 
by using the smoothed filter coefficient output from the 
smoothed filter coefficient unit and outputs smootiied 
background noise. 
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Description 

Background of the Invention 

The present invention relates to a speech decoding 
apparatus for a speech encoding/decoding communica- 
tion system which performs VOX (Voice Operated 
Transmission) control to stop transmission from a 
speech encoding apparatus for power saving upon 
determining that no signal to be transmitted is present. 

A technique of this type is described m detail in 
"GSM full-rate speech transcoding" (ETSI/PT 12, GSM 
Recommendation 06,10, January 1990) (reference 1) or 
"GSM full-rale speech transcoding" (ETSI/PT 12, GSM 
Recommendation 06.31. January 1990) (reference 2). 
"DTX (Discontinuous Transmission)" described in refer- 
ence 2 corresponds to the above-mentioned "VOX", 

Generally, in digital communication using appara- 
tuses for performing high-efficiency speech encod- 
ing/decoding, a speech signal is decomposed into units 
called "frames" of about 40 ms. The speech encoding 
apparatus extracts a "parameter" for characterizing the 
speech signal. When it is determined on the l>asis of the 
extracted parameter that the presently encoded frame 
represents an "interval in which a speech signal to be 
transmitted is present", i.e.. a "speech state", the 
parameter is converted into a code string, and the code 
string is transmitted to the speech decoding apparatus. 

When ft is determined on the basis of the parameter 
tfiat the presently encoded frame represents an "inter- 
val in which no speed signal to be transmitted is 
present", i.e.. a 'pause state", the speech encoding 
apparatus transmits a code string called a "postamtrfe" 
representing the start of the pause state to the speech 
decoding apparatus. For the next frame, a code string is 
generated from the parameter representing the pause 
state, as for the speech state, and the code string is 
transmitted to the speech decoding apparatus (the code 
string transmitted subsequent to the postamWe will be 
reten-ed to as a "background noise updating code 
string" hereinafter). Thereafter, the speech encoding 
apparatus determines the pause and speech states in 
units of frames. As far as the pause state continues, 
transmission of code strings is stopped for N (N is a 
constant) frames. If it is determined that the pause state 
still continues after N frames, a postamble and a back- 
ground noise updating code string are continuously 
transmitted, and transmission of code strings is stopped 
again for N frames. 

As described at)Ove. the speech encoding appara- 
tus determines the speech and pause states in units of 
frames. Upon determining a change from the pause 
state to the speech state, transmission of code strings 
to the speech decoding apparatus is restarted to per- 
form processing for the speech state. 

Rg. 5 shows the above-descriljed conventional 
speech decoding apparatus which receives the code 
string of a speech signal from the speech encoding 
apparatus and decodes the code string. Referring to 



Fig, 5. reference numeral 1 denotes an input terminal; 2. 
a code string conversion unit: 3, a first parameter mem- 
ory; 4, a second parameter memory; 5. a background 
noise parameter generation unit; 6, a synthesis filter 

5 coefficient generation unit; 7. an excitation signal gener- 
ation unit; 10. a synthesis filter; 11 and 12. switches; 
and 16. an output terminal. 

In the speech decoding apparatus with the above 
arrangement, the code string of a speech signal is 

10 received through the input terminal 1 and converted into 
a parameter by the code string conversion unit 2. ft Is 
determined on the basis of this parameter whether the 
presently encoded frame represents a speech or pause 
state Determination information a is output to switches 

15 11 and 12 to control switching of the switches 11 and 
12. 

In the speech state, the parameter converted by the 
code string conversion unit 2 is sent to the synthesis ti- 
ter coefficient generation unit 6 and the excitation signal 

20 generation unit 7 through the switches 1 1 and 12. Upon 
receiving tfie parameter, tiie synthesis fitter coefficient 
generation unit 6 generates a synthesis filter coefficient 
and outputs the synthesis filter coefficient to tiie synthe- 
sis filter 10, Upon receiving the parameter, the excita- 

25 tion signal generation unit 7 generates an excitation 
signal and outputs the excitation signal to the syntiiesis 
filter 10, 

The syntiiesis filter 10 perfornrs filtering processing 
of tiie received excitation signal and synthesis filter 

30 coefficient to generate a decoded speech signal and 
outputs tiie decoded speech signal from tiie output ter- 
minal 16. The parameter output from the code sb*ing 
conversion unit 2 is stored in ttie first parameter mem- 
ory 3. The first parameter memory 3 is a FIFO (First-ln- 

35 First-Out) type memory capat>le of storing parameters 
of one frame. 

On tiie other hand, when it is determined on tiie 
basis of the parameter converted by the code stiing 
conversion unit 2 that the presentiy encoded frame rep- 

40 resents a pause state, the speech decoding apparatus 
generates Tsacf^round noise" witti the following proce- 
dures. The background noise corresponds to "Comfort- 
able Noise" described in refaence 2. 

The parameters stored in the second parameter 

45 memory 4 are read out and output to tiie background 
noise parameter generation unit 5. The background 
noise parameter generation unit 5 performs random 
number processing of some of the received parameters, 
and thereafter, outputs a background noise parameter 

50 for generating an excitation signal to tiie switch 12. At 
this time, since the switch 12 is switched in accordance 
with the determination information a. the excitation sig- 
nal generating parameter is output to tiie excitation sig- 
nal generation unit 7 through the switch 12. 

55 The parameter read out from the parameter mem- 
ory 4 is sent to the switch 1 1 and output to tiie syntiiesis 
filter coefficient generation unit 6 through the switch 11 
switched in accordance with tiie determination informa- 
tion a. Note tfiat, in tiie pause state, a parameter repre- 
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seating a q3e^ state, which is output from the code 
string conversion unit 2. is not sent to the synthesis fitter 
coefficient generation ur^ 6 and the excitation signal 
generation unit 7. 

When the parameters are output from the parame- s 
ter mennory 4 and the background noise parameter gen- 
eration unit 5 to the synthesis fOter coefficient 
generation unit 6 and the excitation signal generation 
unit 7, respectively, the synthesis filter coefficient gener- 
ation unit 6 and the excitation signal generation unit 7 io 
generate a synthesis filter coefficient and an excitation 
signal on the basts of the received parameters and sup- 
ply the synthesis filter coefficient and the excitation sig- 
nal to the synthesis filter 10. respectively. The synthesis 
filter 10 receives the synthesis filter coefficient and the is 
excitation signal, performs filtering processing to gener- 
ate a coded speech signal, and outputs the coded 
speech signal as t^ackground noise. 

The parameter memory 4 is a FIFO type memory 
capable of holding the parameters of one frame. In the 20 
pause state, the contents of the parameter memory 4 
are updated in accordance with the parameters in the 
parameter memory 3 in units of M (M Is a constant) 
frames {the updating interval, i.e., "M frames" of the 
parameter memory 4 will be referred to as a "back- 25 
ground noise updating period" hereinafter). In the 
speech state, the contents of the parameter memory 4 
are not updated. When the at)ove t>acl^round noise 
updating code string is received in the pause state, it Is 
converted into a parameter by the code string conver- 30 
slon unit 2 and stored in the parameter memory 3. 

When the pause state continues, background noise 
generated in the conventional apparatus pauses the fol- 
lowing problems. As the first problem, since the con- 
tents of the parameter memory 4 are not updated during 35 
the background noise updating period, a sound is con- 
tinuously output as bad^rouTKl ndse with the quality 
being kept unchanged. As the second prot>lem. when 
the contents of the parameter memory 4 are siKldenly 
updated after M frames, the sound quality of the back- 40 
ground noise abruptly varies. For this reason, unnatural 
t>ackground noise whose sound quality abruptly varies 
in units of M frames is received by a receiver on the 
speech decoding apparatus side. 

45 

Summary of the Invention 

It Is an object of the present invention to provide a 
speech decoding apparatus which inhibits transmission 
of unnatural background noise when a pause state con- so 
tinues. 

In order to achieve the above object, according to 
the present invention, there is provided a speech decod- 
ing apparatus connected to a speech encoding appara- 
tus which divides a spe^h signal into a plurality of ss 
frames, encodes a parameter in units of frames, stops a 
transmission output when the ^eech signal represents 
a pause state, and transmits an encoded signal repre- 
senting the pause state in units of frames having a pre- 



determined period for a pause irtterval. comprising 
conversion means tor converting the received encoded 
signal into the parameter in units of frames, memory 
means for r^eatedly updating and storing the parame- 
ter representing the pause state and output from the 
conversion means for the pause interval of the speech 
signal, synthesis filter coefficient generation means for 
generating a synthesis filter coefficient on the basis of 
the parameter read out from the memory means, 
smoothed filter coefficient generation means for gener- 
ating a smoothed filter coefficient on the tasis of the 
synthesis filter coefficient output from the synthesis filter 
coefficient generation means, the smoothed filter coeffi- 
cient generation means generating the smoothed filter 
coefficient which is smoothed such that the synthesis fil- 
ter coefficient changes in accordance with a count value 
of the frames during the predetermined period, back- 
ground noise generation means for generating back- 
ground noise on the basis of the parameter read out 
from the memory means for the pause Interval of the 
speech signal, and smoothing filter means for perform- 
ing filtering processing of the background noise output 
from the background noise generation means by using 
the smoothed filter coefficient output from the smoothed 
fUter coefficient means and outputting snrKXJthed back- 
ground no\se. 

Brief Description of the Drawings 

Rg. 1 is a t>lock diagram showing a speech decod- 
ing apparatus according to an embodiment of the 
present invention; 

Rg. 2 is a graph showing the relationship between 
the sti-ength of the inverse characteristics of a 
smoothed filter coefficient and the value of a frame 
counter; 

Rg. 3 is a graph showing the relationship between 
the value of the frame counter and a factor X for 
generating the smoothed filter coefficient; 
R^. 4A to 4E are graphs showing the frequency 
spectra of background noise output in a pause 
state, in which Figs. 4A. 4C. and 4D show cases 
wha'ein a smoothing filter with strong inverse char- 
acteristics is used, and Figs. 4B and 4E show cases 
wherein a smoothring filter with weak inverse char- 
acteristics is used; and 

Rg. 5 is a block diagram showing a conventional 
speech decoding apparatus. 

Description of the Preferred Embodiment 

The present invention will t^e described below with 
reference to the acconpanying drawings. 

Rg. 1 shows a speech decoding apparatus accord- 
ing to an embodiment of the present invention. Refer- 
ring to Fig. 1 . a code string conversion unit 1 02 converts 
the code string of a speech signal input to an input ter- 
minal 101 into a parameter. The code string conversion 
unit 102 has a determination unit 102a for deternrtining 



5 



EP0 751 490 A2 



6 



on the basis of the parameter whether the speech signal 
represents a pause or speech state and ou^Dutting 
determination information a, A first parameter memory 
103 stores the parameter output from the code string 
conversion unit 102, A second parameter memory 104 
stores the parameter transferred from me first parame- 
ter memory 103 only when the parameter stored in the 
first parameter memory 103 represents a pause state, A 
background noise parameter generation unit 105 gener- 
ates a tiackground noise parameter on the basis of the 
parameter read out from the second parameter memory 
104. A synthesis filter coefficient generation unit 106 
generates a synthesis coeffident on the basis of the 
parameter output from tiie code string conversion unit 
102 and the parameter read out from the parameter 
memory 104. An excitation signal generation unit 107 
generates an excitation signal on the basis of the 
parameter output from tiie code string conversion unit 
102 and the bad^round noise parameter output from 
the bad^round noise parameter generation unit 105. 

A smootiied filter coefficient generation unit 108 
gaierates a filter coeffident having "specific character- 
istics on a frequency spectrum" in units of frames in cor- 
respondence with the synthesis filter coefficient 
generated by the synthesis filter coeffident generation 
unit 106. The filter coeffident generated by the 
smoothed filter coeffident generation unit 108 will be 
referred to as a "smoothed filter coeffident" hereinafter. 
Wfth filta-ing processing using this smoothed filter coef- 
ficient, control is performed such that tiie difference in 
the frequency spectrum envelope of the decoded 
speech signal (background noise) output from an output 
terminal 1 16 for frames before and after updating of the 
second parameter memory 104 is minimized. The 
smoothed filter coefficient generation unit 108 has a 
frame counter 108a for counting the number of frames 
in the pause interval of tiie speech signal. 

A smoothing filter 109 performs filtering processing 
of received background noise by using me smoothed 
coeffident obtained by the smoothed filter coeffident 
generation unit 108 and outputs smoothed background 
noise. The smoothed filter coefficient generation unit 
108 and the smootfiing filter 109 operate only in the 
pause interval of the speech signal in accordance with 
the detennination information a output from the code 
stiing conversion unit 102. Switches 113 to 115 are 
switched for the speech and pause intervals of the 
speech signal in accordance with the determination 
information a output from tiie code stiing conversion 
unit 102. A syntiiesis filter 110 performs filtering i 
processing of the exdtation signal output from the exci- 
tation signal generation unit 107 by using tiie synthesis 
filter coeffident output from tiie syrthesis filter coeffi- 
cient generation unit 106. 

Switches 11 1 to 1 15 are switched for the speech e 
and pause intervals of the speech signal in accordance 
with tiie determination information a output from the 
code sfring conversion unit 102. The switch 1 1 1 selects 
the parameter from the code sfring conversion unit 102 



or ttie parameter from tiie second parameter memory 
104 and outputs ttie selected parameter to tiie synthe- 
sis filter coeffident generation unit 106. The switch 1 12 
selects ttie parameter from ttie code sfring conversion 

5 unit 102 or tfie background noise parameter from tiie 
background noise parameter generation unit 105 and 
outputs ttie selected parameter to tiie exdtation signal 
g^eration unit 107. The switch 1 13 outputs ttie synthe- 
sis filter coefficient from ttie synttiesis filter coeffident 

10 generation unit 106 to only ttie synttiesis filter 110 or 
tx)th ttie smootiied filter coefficient generation unit 108 
and tiie syntiiesis filter 1 10. The switch 1 14 switches an 
output from ttie synttiesis filter 1 10 to tiie smoottied filter 
109 or the switch 1 15. The switch 1 15 selects ttie output 

15 frcwn ttie smoothing filter 109 or tiie output from ttie 
switch 1 14 and outputs tiie selected output to tiie output 
terminal 1 16. 

The parameter memories 103 and 104 are FIFO 
type memories capable of hoWing parameters of one 
20 frame. Upon receiving a background noise updating 
code string in tiie pause state, the parameter memory 
103 stores a parameter representing the pause state, 
which is converted by ttie code sfring conversion unit 
102. The parameter memory 104 is updated in accord- 
25 ance with ttie parameter in the parameter memory 1 03 
in the pause state in units of M frames and not updated 
in the speech state. 

An operation performed when ttie code sfring of a 
speech signal is input from a speech encoding appara- 
30 tus for perfooning VOX confrol will be described below. 
Processing performed when tfie speech signal 
received from the input terminal 101 represents a 
speech state is the same as ttiat of ttie conventional 
apparatus shown in Fig. 5 except ttiat switching of ttie 
35 switches 1 1 3 to 1 1 5 in accordance witti the speech and 
pause states is added. I^ore specifically, the parameter 
converted by the code sfring conversion unit 102 from 
tiie code sfring in the speech stale is output to ttie syn- 
thesis filter coeffident generation unit 106 and the exd- 
40 tation signal generation unit 107 through the switches 
1 1 1 and 1 12 switched in accordance witti tiie determi- 
nation information a. The synttiesis filter coefficient gen- 
eration unit 106 and ttie exdtation s^nal generation unit 
107 generate a synthesis filter coeffident and an excita- 
ts tion signal on tfie basis of ttie received parameters, 
respectively. At tfiis time, the parameter output from ttie 
code sfring conversion unit 102 is stored in ttie first 
parameter memory 103. 

The synttiesis filter coeffident generated by tfie 
•0 synttiesis filter coeffident generation unit 106 is output 
to the synttiesis filter 1 10 ttirough the switch 113 which 
is switched in accordance witfi tiie determination infor- 
mation a. The synttiesis filter 110 perfomis filtering 
processing of the excitation signal generated by ttie 
5 exdtation signal gena-ation unit 107 by using the syn- 
ttiesis filter coeffident from ttie synthesis filter coeffi- 
dent generation unit 106. An output from the synthesis 
filter 110 is output from the output terminal 116 as a 
decoded speech signal tiirough ttie switches 114 and 
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115 switched in accordance with the determination 
infomnation 

On the other hand, when the speech signal input 
from the input terminal 101 represents a pause state, 
the paramete* converted by the code string conversion 
unit 102 and representing the pause state is stored in 
the first parameter memory 103. Since the parameter 
stored in the first parameter menfx)ry 103 represents the 
pause state, the parameter is transferred to the second 
parameter memory 104. updated, and stored. The 
parameters stored in the second paramet^ memory 
104 are read out and output to the background noise 
parameter generation unit 105. The bacKgrourKj noise 
parameter generation unit 105 performs random 
number processing of some of the received parameters, 
and thereafter, outputs a background noise parameter 
for generating an excitation signal. The background 
noise parameter from the background noise parameter 
generation unit 105 is sent to the excitation signal gen- 
eration unit 107 through the switch 112 switched in 
accordance with the determination information a. The 
excitation signal generation unit 107 generates an exci- 
tation signal on the fc>asls of the received background 
noise parameter arKi outputs the excitation signal to the 
synthesis filter 110. 

The parameter stored in the second parameter 
memory 104 and representing the pause state is also 
used to generate a synthesis filter coefficient. More spe- 
cifically, the parameter read out from the second param- 
eter memory 104 is output to the synthesis filter 
coefficient generation unit 106 through the switch 111 
switched in accordance with the determination infomna- 
tion a to generate a synthesis filter coefficient. The syn- 
thesis filter coefficient generated by the synthesis filter 
coefficient generation unit 106 is output to the synthesis 
filter 1 10 and the smoothed fflter coefficient generation 
unit 108 through the switch 113 switched in accordance 
with the determination information a. 

The synthesis filter 110 performs filtering process- 
ing of the excitation signal from the excitation signal 
generation unit 107 by using the received synthesis filter 
coefficient and outputs the background noise to the 
switch 114. The smoothed filter coefficient generation 
unit 108 generates a smoothed filter coefficient "having 
specific characteristics on a frequency spectrum" on the 
t}asis of the received synthesis filter coefficient in units 
of frames and outputs the snrx>othed filter coefficient to 
the smoothing filter 109. 

Upon receiving the background noise from the syn- 
thesis filter 1 10 through the switch 111 switched on the 
basis of the determination information a. the smoothing 
filter 109 performs filtering processing using the 
smoothed filter coefficient output from the smoothed fil- 
ter coefficient generation unit 108. thereby outputting 
smoothed background noise. The smoothed back- 
ground noise is output from the output terminal 116 
through the switch 115 switched on the basis of the 
determination information a- 

Since the second parameter memory 104 is not 



updated in the speech state, the background noise may 
be generated using a parameter which has been lastly 
stored for a pause interval immediately before switching 
from the speech state to the pause state. 

5 The functions of the smoothed filter coefficient gen- 
eration unit 108 and the smoothing filter 109 will be 
descrit>ed below in detail. 

For example, a value H(z) of the synthesis filter is 
represented by an all pole type fitter of degree of n like 

10 equation (1) by using z-transform: 

mz) = (1) 

15 /=1 

where n is a predetermined constant and aj is a synthe- 
sis filter coefficient. Such z-transfbrm is described in. 
e.g.. Eisuke Masacte. "Control Engineering". Barfukan, 

20 SefA. 1985, pp. 180-182. 

The "specific characteristics on the frequency spec- 
trum" of the smoothed filter coefficient generated by the 
smoothed filter coefficient generation unit 108 are 
defined as the "inverse characteristics of the synthesis 

25 filter coeffk:ient generated by the synthesis filter coeffi- 
cient generation unit 106". 

The strength of the inverse characteristics of the 
smoothed filter coefficient is controlled as shown in Rg. 
2 in accordarK:e with a value fr (fr = 1 to M) of the frame 

30 counter 108a after the contents of the second parame- 
ter memory 104 are updated. 

The value fr of the frame counter 108a is initialized 
to be "1" when the contents of the second parameter 
memory 104 are updated. When the pause state contin- 

35 ues. the value fr is incremented by "1" for each frame. 
After M frames, the value fr is initialized to be "1" again, 
so that the inverse characteristics of the smoothed filter 
coefficient is controlled to be strong at the time of updat- 
ing of the second parameter menrK)ry 104 and weak at 

40 Other points of time. 

A smoothed filter coefficient pi(fr) (i = 1 to n) repre- 
senting the inverse characteristics and an output value 
R(z) from the smootiiing filter 109 can be calculated 
using equations (2) and (3), respectively: 

45 

Pi{fr) = ar^fr)'{i=^-n) (2) 



50 Rizjr) = 1-'£^,{fr)^z-' (3) 

A factor X(U) of equation (2) satisfies 0 ^ k(iT) < 1 , as 
shown in Fig. 3. and changes in accordance with the 
55 value fr of the frame counter 1 08a. 

Figs. 4A to 4E show tiie frequency spectrum char- 
acteristics of background noise for a pause interval in 
use of the smoothing filter 1 09. When the value fr of the 
frame counter is near "1" or "M". filtering processing of 
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background noise is performed using a smoothed filter 
coefficient with strong inverse characteristics, as shown 
in Figs. 4A, 4C, and 4D. When the value fr of the frame 
counter is at an intermediate point between "1 " and "M", 
filtering processing of bacl^round noise is performed 5 
using a smoothed fitter coefficient with weak inverse 
characte-istics, as shown in Figs. 4B and 4E. With this 
processing, as shown in Figs. 4A to 4C, the frequency 
spectrum of background noise changes at each point of 
time viflthin one bad^round noise updating period. For 10 
this reason. t>ackground noise with the sound quality 
being kept unchanged for M frames can be prevented 
from being received by a receiver on the decoding 
apparatus side. 

After the contents of the second parameter memory is 
104 are updated, i.e., when the value fr of the frame 
counter 108a is near T or "M". filtering processing of 
backgrourKi noise is performed using a smoothed filter 
coefficient with strong inverse characteristics, as shown 
in Rgs. 4A, 4C, and 4D. so that the frequency spectrum 20 
of the background noise exhibits relatively flat charac- 
teristics. Therefore, the receiver can hardly sense an 
abrupt change in sound quality upon updating the 
parameter. 

As has been described above, according to the 25 
present invention, in a speech encoding/decoding sys- 
tem which performs VOX control to stop transmission 
from the encoding apparatus for power saving, the 
smoothed filter coefficient generation unit 108 and the 
smoothing filter 109 are ananged in the speech decod- 30 
ing apparatus. Wrth this an^angement, even when the 
pause state continues, the sense of incompatibility or 
unnaturalness in background noise received by the 
receiver can be reduced. 

35 

Claims 

1 . A speech decoding apparatus characterized in that 
said apparatus is connected to a speech encoding 
apparatus which divides a speech signal into a plu- 40 
rality of frames, encodes a parameter in units of 
frames, stops a transmission output when the 
speech signal represents a pause state, and trans- 
mits an encoded signal representing the pause 
state in units of frames having a predetermined 45 
period for a pause interval, and comprises: 

conversion means (102) for converting the 
received encoded signal into the parameter in 
units of frames; so 
memory means (104) for repeatedly updating 
and storing the parameter representing the 
pause state and output from said conversion 
means for the pause interval of the speech sig- 
nal; 55 
synthesis filter coefficient generation means 
(106) for generating a synthesis filter coeffi- 
cient on the basis of the parameter read out 
from sakJ memory means; 



smoothed filter coefficient generation means 
(108) for generating a smoothed filter coeffi- 
cient on the t}asis of the synthesis filter coeffi- 
cient output from said synthesis filter coefficient 
generation means, said smoothed filter coeffi- 
cient generation means generating the 
smoothed filter coefficient which is snrK)othed 
siK;h that the syntiiesis filter coefficient 
changes in accordance with a count value of 
said frames during the predetermined period; 
background noise generation means (105, 
107, 1 10) for generating background noise on 
the tasis of the parameter read out from said 
memory means for the pause interval of the 
speech signal; and 

smoothing filter means (109) for performing fil- 
tering processing of the background noise out- 
put from said background noise generation 
means by using the smootiied filter coefficient 
output from said smootiied filter coefficient 
means and outputting smootiied background 
noise. 

2. An apparatus according to claim 1. wherein said 
smoothed filter coefficient means generates the 
smoothed filter coeffiderrt such that a difference is 
reduced in frequency spectrum envekpe of the 
background noise output from said background 
noise generation means before and after tiie 
parameter stored in said memory means is updated 
for the pause interval of tiie speech signal. 

3. An apparatus according to claim 1. wherein said 
smoothed filter coefficient generation means com- 
prises count means (108a) for counting the nunt^er 
of frames for the pause interval of tiie speech sig- 
nal, said count means being reset every time the 
parameter stored in said memory means is 
updated, and said smoothed filter coefficient gener- 
ation means controls a strength of characteristics of 
tiie smoothed filter coefficient on the t>asis of a 
count value of said count means before and after 
tiie parameter is updated. 

4. An apparatus according to claim 1, wherein said 
background noise generation means comprises 
background noise parameter generation means 
(105) for performing random nunnber processing of 
tiie parameter read out from said memory means to 
generate a background noise parameter, excitation 
signal generation means (107) for generating an 
excitation signal in accordance with the background 
noise parameter output from said t>ackground noise 
parameter generation means, arxi synthesis filter 
means (110) for performing filtering processing of 
tiie excitation signal output from said excitation sig- 
nal by using the syntiiesis filter coefficient output 
from said syntiiesis filter coefficient generation 
means to output the l>ackground noise. 
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5. An apparatus according to daim 4, further compris- 
ing: 

a first switch (1 1 1) for receiving the paranieter 
from said conversion means and the parameter s 
read out from said memory means, selecting 
the parameter from said memory means for the 
pause interval of the speech signal, and oulput- 
ting the parameter to said synthe^s fitter coef- 
ficient generation means; io 
a second switch (1 12) for receiving the param- 
eter from said conversion means and the back- 
ground noise parameter from said t)ackground 
noise parameter generation means, selecting 
the background noise parameter for the pause is 
interval of the speech signal, and outputting the 
background noise parameter to said excitation 
signal generation means: 
a third switch (113) for receiving the synthesis 
filter coefficient from said synthesis filter coeffi- so 
cient generation means, and switching and out- 
putting the syrrthesis filter coefficient to both 
said smoothed filter coefficient generation 
means and said synthesis filter means for the 
pause interval of the speech signal; 25 
a fourth switch (114) for receiving an output 
from said synthesis filter means, and switching 
and outputting the background noise from said 
synthesis filter means to said smoothing filter 
means for the pause interval of the speech sig- 30 
nal; and 

a fifth switch (115) for receiving the smoothed 
background noise from said smoothing filter 
means and an output from said fourth switch, 
and selecting and outputting the smoothed 35 
background noise for the pause interval of the 
speech signal. 

6. An apparatus according to claim 5, wherein, for a 
speech interval of the speech signal, said first 4o 
switch selects the parameter from said conversion 
means and outputs the parameter to said synthesis 
filter coefficient generation means, said second 
switch selects the parameter from said conversion 
means and outputs the parameter to said excitation 45 
signal generation means, said third switch outputs 
the synthesis filter coefficient from said synthesis 
filter coefficient generation means only to said syn- 
thesis filter means, the fourth ^tch switches and 
outputs an output from said synthesis filter means so 
to said fifth switch, and said fifth switch selects and 
outputs an output from said fourth switch. 

7. An apparatus according to claim 5. wherein said 
conversion means conprises determination means ss 
(102a) for determining the speech or pause state of 

the speech signal in units of frames on the basis of 
the converted parameter and outputting determina- 
tion information to said first to fifth switches. 



8. An apparatus according to claim 1. wherein said 
m&vory means conprises a first-in-first-out type 
m^nory capable of holding parameters of one 
frame, and. in the pause state, contents of said 
m&nory are updated in accordance with the 
parameter representing the pause state, which is 
output from said conversion means in units of 
frames having the predetermined period, while the 
contents of said memory are rKrt tpdated in the 
speech state. 
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(54) Speech decoding apparatus 

(57) In a speech decoding apparatus, a conversion 
unit converts a received encoded signal into a parame- 
ter in units of frames. A memory repeatedly updates and 
stores the parameter representing a pause state and 
output from the conversion unit for the pause interval of 
the speech signal. A synthesis fitter coefficient genera- 
tion unit generates a synthesis fitter coefficient on the 
basis of the parameter read out from the menwry. A 
smoothed filter coefficient generation unit generates a 
smoothed filter coefficient on the basis of the synthesis 
filter coefficient output from the synthesis filter coeffi- 
cient generation unit. The snrroothed fitter coefficient 
generation unit generates the smoothed fitter coefficient 



which is smoothed such that the synthesis fitter coeffi- 
cient changes in accordance with a count value of the 
frames during the predetermined period. A t)ackground 
noise generation unit generates background noise on 
the basis of the parameter read out from the memory for 
the pause interval of the speech signal. A smoothing fil- 
ter performs filtering processing of the background 
noise output from the background noise generation unit 
by using the snxwthed filter coefficient output from the 
smoothed filter coefficient unit and outputs smoothed 
backgrourxi rK>ise. 



<DnflBttAl 



con sm 
awvastn 
m 



-m 



1 



111 



.106 



nilftSgf tTB 

coBfloan 
fiflainiiM 



113 



' ' larr 



SBsn 



ffltfH DEil 
fflraAIIQiOUT 



~: ; — I 



HjAjgfflMTaj 



109 



SKOOTHUK 



SVITIiSS 








stuns 



BAQC6BBB 
MBE 

SBHA1XI 

m 



Ho 



I ' "5 



FIG. 1 



EP 0 751 490 A3 



J 



European Patent 
Office 



EUROPEAN SEARCH REPORT 



Application Number 

EP 96 11 0246 



DOCUMENTS CONSIDERED TO BE RELEVANT 



Category 



Citation of documeot with indication, wtiere appropriale, 
ot f elevam passages 



Relevant 
to claim 



CLASSIFCA-nON OF THE 

APPucATiow (imm) 



EP 0 593 255 A (NIPPON ELECTRIC CO) 

* the whole document * 

EP 0 544 101 A (NIPPON TELEGRAPH & 
TELEPHONE ; NIPPON TELEGRAPH & TELEPHONE 
(JP)) 

* claims 16-18; figures 6,9 * 

GB 2 285 204 A (KOKUSAI ELECTRIC CO LTD) 

* claims 1-3; figures 1-4 * 

GB 2 256 997 A (KOKUSAI ELECTRIC CO LTD) 

* claims 1-3; figures 1-5 * 

SOUTHCOTT C B ET AL: "VOICE CONTROL OF 
THE PAN-EUROPEAN DIGITAL MOBILE RADIO 
SYSTEM" 

COMMUNICATIONS TECHNOLOGY FOR THE 1990 'S 
AND BEYOND, DALLAS, NOV. 27-30, 1989, 
vol. 2 OF 3, 27 November 1989. INSTITUTE 
OF ELECTRICAL AND ELECTRONICS' ENGINEERS, 
pages 1070-1074, XP000091 191 

* page 1072, left-hand column, line 11 - 
line 41 * 

"EUROPEAN DIGITAL CELLULAR 
TELECOMMUNICATIONS SYSTEM (PHASE 
2);C0MF0RT NOISE ASPECT FOR FULL RATE 
SPEECH TRAFFIC CHANNELS (GSM 06.12)" 
EUROPEAN TELECOMMUNICATION STANDARD, 

September 1994, 
pages 1-10, XP000197870 

* page 9, paragraph 3.1 * 



Jtre present search report has been drawn up bx ail ci£uins 



1-8 



G10L3/00 



TECHNICAL FIELDS 
SEARCHED (lnLCI.6) 



GIOL 

H04B 



Place of seafcti 

THE HAGUE 



Date of oompletion ol the seaicti 

19 February 1998 



Exanriner 

Wanzeele, R 



CATEGORY OF CITED DOCUMENTS 

X ; particutaiiy relevant if taken alone 

Y : particulafly relevant if combined %vith another 

document ot the same category 
A : technological backgroirtd 
O : non-written cfoclosure 
P : intermediate document 



T ■ theory or principle uncJartymg the invention 
E : earBer patent document, but published oa or 

after the filtng date 
D : doojment cited in the application 
L : document cited for other reasons 



& : merrber of the same patent famay. corresponding 
document 



